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Summary 

The use of digiial techniques for transmission has well-known advantages. 
However, before using them to distribute signals for broadcasting it is important to find 
the most cost-effective way of using the digital links which will be provided. A system 
has been devised to meet this requirement; it carries one high-quality video signal and 
two accompanying high-quality sound channels within a 68 Mbit js "package", with a 
further 8448 kbit js capacity available for other services such as telephony or additional 
sound channels. Two of these 68 Mbit/s packages can be carried by a standard 
140 Mbitjs digital link. The system is described in this Report and is being assessed in 
an extended field trial during 1984. 
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1. Introduction 

The advantages of using digital techniques for 
long-distance transmission are well known. Signals 
coded in digital form are resistant to the effects of 
noise and distortion introduced by a transmission 
link, and can be regenerated at intervals along it 
without loss of fidelity. When used for distribution 
purposes consistent signal quality at all destin- 
ations can be assured. Digital techniques also offer 
greater flexibility in multiplexing and switching 
operations. 

These advantages have been recognised by 
telecommunications administrations throughout 
the world. They have agreed standard hierarchies 
for combining low bit-rate signals, of which the 
majority are telephone calls, to form high bit-rate 
signals for transmission over trunk routes. The 
hierarchy agreed for Europe is illustrated in Fig. 1. 
One telephone signal occupies 64kbit/s; 30 of them 
are combined to form a signal at 2048 kbit/s, 
and signals at this rate are in turn combined to 



form signals at 8448 kbit/s, 34,368 kbit/s and 
139,264 kbit/s. (The two last named are commonly 
referred to as 34Mbit/s and 140Mbit/s respec- 
tively.) In the United Kingdom, British Telecom is 
engaged in installing a digital network conforming 
to this plan. 

The BBC has made use of digital techniques 
for distributing sound-programme signals over 
analogue bearers for many years 1,2 but, as yet, 
video signals are still transmitted by analogue 
means. However, as high-capacity digital links of 
various types have been developed the BBC has 
taken part in brief experiments to assess their 
suitability for transmitting video and audio signals. 
Previous experiments have used bit rates of 60, 120 
and 140Mbit/s; the transmission systems have 
included cable, optical fibre, microwave radio and 
satellite links. These experiments gave useful indi- 
cations of the likely advantages and difficulties that 
long-distance digital transmission can give. 3,4 ^ 
Another programme of research' demonstrated 
that one composite PAL video signal, together with 
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Fig. I - The European digital multiplex hierarchy. 
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two high-quality sound signals, other ancillaries 
and error correction, could be carried within 
34Mbit/s, at the expense of some equipment 
complexity. 

High-capacity links will soon start to be 
readily available, so it is important to establish 
when the BBC should use them and how to do so 
in the most effective way. These questions involve 
problems of organisation and economics in ad- 
dition to the technical problems addressed in the 
previous transmission experiments. 

It appears inevitable that digital links will 
eventually be used in place of analogue ones. As 
British Telecom expands the digital network there 
will come a point where the provision of a 
relatively small number of analogue links is 
uneconomic. Their operation and maintenance will 
require procedures and stocks of spares unused 
elsewhere in the network. It therefore seems likely 
that the analogue service will eventually be with- 
drawn or will attract a prohibitive tariff. Before 
then there may be difficulties in obtaining ad- 
ditional links when they are required. 

The long-term future of transmission is thus 
digital; in the meantime a choice of analogue or 
digital can be made. The decision as to when it is 
advantageous to use digital links and the best way 
to exploit them will depend on several important 
factors, some of which are not yet fully specified. 
They include: 

(a) the basis for charging for the use of digital 
links and the general level of tariffs; and 

(b) future requirements for transmission links, in 
the light of the introduction of new broadcast 
services and the spread of digital techniques 
within other parts of the signal chain. 

This matter has been considered at length by 
the BBC Communications Department, with 
technical advice from Research Department. The 
proposal that resulted from these deliberations was 
the outline specification for the system described 
more fully in this Report. 

The crux of the proposal is the use of a bit 
rate of 68,736 kbit/s (commonly referred to as 
68Mbit/s) to convey one composite PAL video 
signal plus various other services. The BBC has 
many signals to convey between its premises in 
addition to television signals, e.g. the many sound 
channels required for Radio Broadcasting, and its 
internal telephone network. The savings obtained 
by including these signals in the proposal are 



thought to be significant. On the other hand, the 
need for video connections is such that a reduction 
of the video bit rate below about 53 Mbit/s is not 
thought to be worthwhile in practice although 
perfectly feasible technically. Two of the 68 Mbit/s 
"packages" can be combined to form the standard 
140 Mbit/s rate for connection to the British 
Telecom network; a modified version of the 
commercial multiplexer/demultiplexer equipment 
which normally combines four 34 Mbit/s signals is 
used for this purpose. (Note that 68,736 is exactly 
twice 34,368.) 

The system described has been instrumented 
by the BBC Research and Designs Departments. It 
is being assessed during an extended field trial 
operated jointly by the BBC and British Telecom. 
BBC premises in London and Birmingham are 
interconnected using the 68 Mbit/s system, via a 
140 Mbit/s digital link comprising a number of 
different digital sections. 



2. Brief specification of system 

The essential details of the system are outlined 
below; further information is given in subsequent 
Sections. 

2.1. Capacity 

The following input signals are coded and then 
multiplexed together to form an output signal at 
68.736 Mbit/s: 

(a) a composite PAL video signal; 

(b) two high-quality sound channels, associated 
with (a); 

(c) a signal at 8448 kbit/s, which is the second- 
order multiplex rate in the European hierar- 
chy. A standard, commercially-produced mul- 
tiplexer will produce this rate from four inputs 
at 2048 kbit/s. Each of these can convey 6 
high-quality sound signals or 30 telephone 
channels. The maximum capacity of the 
8448 kbit/s signal is therefore 24 high-quality 
sound signals or 120 telephone channels. In 
practice a mixture of the two may be used. 

(d) slow-speed signalling; 

(e) additional check bits used to provide error 
correction for all the above. As an alternative, 
error correction may be omitted, in which case 
two additional 2048 kbit/s channels are avail- 
able. These could be used to carry telephony, 
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high-quality sound, or for some other 

purpose. 

2.2 Coding parameters 

(a) Video 

The composite PAL video signal is coded 
using the combination of sub-Nyquist sam- 
pling at a rate of 2fJ and three-dimensional 
differential pulse-code modulation (d.p.c.m.) 
with 6 bit/sample. Lines containing teletext 
information are coded by a different technique 
using 4/ sc sampling and 3 bit/sample. 

(b) High-quality sound 

High-quality sound channels are coded using 
the NICAM-3 system, 8 in which samples 
taken at a rate of 32 kHz are reduced to 
10 bit/sample using near-instantaneous com- 
panding, with a small additional overhead for 
ranging information. 

A two-channel version of the NICAM 
system produces a 676kbit/s signal which is 
used to carry the sound associated with the 
video signal. A six-channel version produces 
a 2048kb:t/s signal carrying other services 
through the 8448 and optional 2048 kbit/s 
ports of the system multiplex. 



(c) Error coding 

The entire output data system is protected by 
the use of the Reed-Solomon 9 (63, 59) code, 
interleaved six ways. 

2.3. Hardware realisation 

A sending terminal comprising video coding, 
multiplexing and error coding equipment, includ- 
ing power supplies, is housed within a cabinet of 
dimensions 1,176 mm high by 600 mm wide by 
639 mm deep. A similar cabinet houses the receiv- 
ing terminal which performs the inverse operations. 
The terminals are shown in Fig. 2. 

The equipment is constructed using the BBC 
BMM equipment practice. Circuit cards are pro- 
duced by a variety of techniques, as appropriate for 
each design: printed circuits with two or three 
layers or the automated wiring system known as 
SolderWrap. Forced ventilation of the cabinet is 
provided to ensure adequate cooling; it incorpo- 
rates thermal sensing to keep fan speeds, and hence 
noise, to a minimum. 

The design uses a variety of integrated circuits 
from the commercial range of TTL, ECL, and 
CMOS devices. 




Fig. 2 - The transmission-system 

equipment: the sending terminal is 

shown on the left, and the receiving 

terminal on the right. 
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The N1CAM-3 sound coding equipment, the 
commercially-produced multiplexers, and their in- 
verses, are housed separately. 



3. Details of multiplexing 



3.1 . Specification of input and output signals 



(c) 



The following 
characteristics: 



channels share similar 



(a) 



The output of the multiplexer, which is also 
the input to the demultiplexer, is a signal at 
68.736 Mbit/s. It forms the interface to the 
digital transmission link, and thus conforms to 
the following parts of the British Telecom 
specification: 

Signal level: 1 ± 0.1 volt p-p 
Impedance: 75 ohm 

Coding: Coded-Mark-Inversion (CMI) 
Bit rate: 68.736 Mbit/s ± 20 ppm 



Front-panel-mounted BNC connectors 
used for input and output connections. 



are 



The input sensitivity of the demultiplexer 
does not conform fully to the specification 
since the field trial application does not 
require the demultiplexer to be situated at 
any significant distance from the 140 Mbit/s 
to 68 Mbit/s demultiplexer. Nevertheless, the 
prototype system works with the multiplexer 
and demultiplexer connected via more than 
100 m of coaxial cable. 

(b) The video input is derived within the equip- 
ment from the associated video coding sub- 
system (see Section 4) and conforms to the 
following standard: 

Signal levels: ECL, balanced 

Format: 6-bit parallel data words with 

clock and clock enable 
Clock rate: 4/ sc (approximately 

17.73 MHz) 
Word rate: 2/ sc (approximately 8.87 MHz) 
Bit rate: 12/ sc (approximately 

53.2 Mbit/s) 

Further discussion of the reasons for this 
format, and the tolerance applying to the data 
rate, is given in Section 4. 

The video input is connected within the 
cabinet to the output of the video coding sub- 
system. An identical arrangement is used to 
connect the video output of the demultiplexer 
to the video decoder in the receiving terminal. 



(i) 676kbit/s, used for television sound, and 
hereafter referred to as "Sound", or 
"TVS"; 

(ii) 8448 kbit/s, which can convey, for 
example, a mixture of telephony and 
high-quality sound channels. This might 
be used to distribute the many channels 
required for Radio Broadcasting, and is 
hereafter referred to as "Radio" or 
"RAD"; 

(iii) two 2048 kbit/s channels, optionally 
available in place of error correction, 

hereafter referred to as "Auxiliary" or 

"AUX". 

These channels (i) to (iii) conform to the 
following, which is based on CCITT Recom- 
mendation G 703: 



Signal level: 
Impedance: 
Coding: 
Bit-rate: 



±2.37 ±0.237 volt 

75 ohm 

HDB-3 (a ternary code) 

676 kbit/s* 

8448 kbit/s ± 30 ppm 

2048 kbit/s ± 50 ppm 



Input and output connections are by front- 
panel-mounted BNC connectors. 

(d) Low bit-rate signalling connections are at TTL 
levels. Further details are given in Section 5. 

3.2. Error-correction system 

An error-correction system should ideally be 
chosen to match known characteristics of the link, 
such as the range of error-burst lengths and their 
rate of occurrence. For a field trial in which it is 
intended to study these phenomena, amongst 
others, this choice is inevitably difficult. 

Some guidance as to likely burst lengths may 
be gleaned from past experience and by examining 
potential error-extension mechanisms, such as 
scrambling and line-coding operations. 

Overall bit-error rate objectives for certain 
transmission links are also available, although 

*This bit rale does not form part of the multiplex hierarchy and thus a 
standard tolerance does not exist. The 676 kbit/s output of the 
NICAM-3 equipment has a tolerance of + I5ppm. However, as 
similar designs are used for all three channels of the 68 Mbit/s 
multiplexer they will all in practice accept the worst case, namely 
± 50 ppm. 
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these are usually specified in terms of a measure- 
ment averaged over a period which is long when 
considering bit rates as high as 68 Mbit/s. For 
example, suppose a single burst of 680 consecutive 
errors occurs. This would represent a bit-error 
ratio (b.e.r.) of 100% measured over a period 
shorter than its length, and would clearly be 
uncorrectable by a corrector of moderate cost. 
Averaged over one second, however, the b.e.r. 
would be 1 in 10 5 , or, over one minute, 1.6 in 10 7 , 
assuming a bit rate of 68 Mbit/s. The need to 
consider the fine detail is clear. 

The error-correcting code finally selected is the 
Reed-Solomon (63, 59) code, interleaved 6 ways. 
The code operates on symbols of 6 bits, and can 
correct 2 erroneous symbols in each block of 63 
transmitted symbols. The number of bit errors it 
can correct depends on where they fall in relation 
to the symbols. By interleaving 6 ways, making an 
overall block length of 378 symbols, the code can 
correct in that block: 

(a) any single burst of length not exceeding 67 

bits; or 

(b) any two bursts of length not exceeding 3 1 bits; 
or 

(c) certain combinations of a greater number of 
short bursts. 

The symbol length of 6 bits conveniently 
matches the d.p.c.m. code-word length of 6 bits. If 
they are made to coincide then in the event that the 
error corrector incorrectly decodes a symbol the 
effect of that error will be confined to one d.p.c.m. 
code-word, corresponding to one sample-point of 
the picture. The d.p.c.m. decoding process will then 
spread the visible effect over the surrounding 
picture area, but confining the error to one 
codeword still minimises the disturbance. 

This leads to the adoption of a multiplex 
structure based on 6-bit words which correspond to 
symbols of the Reed-Solomon code. 

3.3. Frame format 

The frame format follows from the choice of 
error-correcting code and interleaving depth de- 
scribed above. The simplest synchronising arrange- 
ments result if the block structure of the error- 
correcting code is related to the multiplex frame 
structure. The shortest possible frame length is thus 
the block length, i.e. 378 6-bit symbols/words. 

The following table shows how the channels 
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needed can be conveyed within 68 Mbit/s with a 
multiplex frame length of 378 6- bit words: 

Word/frame chosen: 378 
Total bit rate: 68,736 kbit/s 







Word 


Word 


JTS word 


Channel 


Bit rate 

kbit/s 


per 
frame 

required 


per 

frame 

allocated 


per 

frame 
allocated 


Video 
TV sound 
Radio 


53,203.43 
676 
8,448 


292.581 

3.717 

46.458 


292 
3 

46 


1 
1 
1 


JCS 

Parity 

FAW 






5 
24 

2 

372 


3 



Total allocated word/frame = 375, leaving 3 spare 
word /frame. 

"FAW" stands for Frame Alignment Word. 
This is the fixed pattern sent at the beginning of 
every frame for synchronisation. A sequence of 12 
bits has been chosen, i.e. two 6-bit words in 
succession. 

"JTS" and "JCS" refer to the positive justifi- 
cation process 10 which is used to accommodate the 
various asynchronous input channels. The table 
above shows that each frame must convey, for 
example, 3.717 TVS words per frame on the 
average. This is done in practice by allocating, in 
every frame, 3 words which always contain TVS 
data, plus another word which is called the TVS 
Justifiable Time Slot (JTS). In some frames this 
word contains TVS data while in others it carries 
dummy data, the choice being made as appropriate 
in order to keep the average rate of transmission of 
TVS data equal to the input rate. This process is 
applied to every asynchronous input channel, each 
being allocated a JTS word. 

Whether a channel JTS word contains wanted 
or dummy data is signalled in the Justification 
Control Signal (JCS) words. There are five chan- 
nels which require this information (one bit per 
frame per channel) to be transmitted: VID, RAD, 
TVS and, optionally, AUX 1 and AUX 2. Since the 
word length is 6 bits, one JCS word per frame is all 
that is needed. However, in order to provide 
protection against transmission errors, the JCS 
word is sent 5 times per frame, with the demulti- 
plexer applying majority-vote decoding. The 5 JCS 



words are distributed through the frame to allow 
for long burst errors. 

There are 3 spare words per frame which are 
at present unallocated so that there is some room 
for future expansion of signalling facilities. Low 
bit-rate signalling associated with each input chan- 
nel has been provided by another method. The 
description of justification given above assumed 
that dummy information would be sent in the JTS 
word in place of channel data as necessary to 
maintain the data rate. Sending this dummy 
information is a waste of link capacity which has 
been avoided in this system by sending channel- 
related signalling in the JTS word whenever it is 
not used to send channel data. The available 
signalling rate is variable, depending on the ratio of 
channel rate to output rate, but can easily carry the 
low bit rate required for fault indications. 



4. Details of video coding 

4.1. General 

The video signal is coded within a bit rate of 
approximately 53.2Mbit/s by the use of several 
techniques, with different modes of operation for 
the video signal itself and the Field-Interval Signals 
(FIS) - e.g. teletext. 

The video signal is first sampled at 4/ sc , with a 
resolution of 8 bit/sample. The picture signal is 
then subjected to a combination of sub-Nyquist 
sampling, which includes a comb-filtering process, 
and differential pulse-code modulation. The FIS 
parts of the waveform retain the 4/ sc sample rate 
but are re-quantised to 3 bit/sample, using simple 
p.c.m. coding without comb-filtering. 

The following sub-Sections specify the details 
of these coding processes. Refer to the block 
diagrams of Figs. 3 and 4. 

4.2. Analogue-to-digital conversion 

Before sampling, the video signal passes 
through a low-pass filter (type HFM 575B) which 
has a response which is -3dB at 5.75 MHz. The 
signal is then sampled at a rate equal to four times 
colour subcarrier frequency and quantised to 8-bit 
accuracy. 

The sampling clock is derived in a phase- 
locked loop arrangement so that sampling takes 
place at instants which correspond to the following 
phases of subcarrier, measured relative to the U 
axis: 45, 135, 225 and 315 degrees. The necessary 



control is derived from the digitally-coded samples 
of the colour-burst waveform at the output of the 
a.d.c. so the arrangement is "closed-loop". Means 
are also provided so that the sampling frequency 
remains the same, or within a very close tolerance, 
when the video signal does not have a colour burst, 
(i.e. during monochrome operation or fault con- 
ditions). A signal at 2/ sc is also provided as an 
identifier. 

The 8-bit coding range of to 255 units is set 
so that black level is 64 units and nominal white 
level (i.e. +0.7V relative to black level) is 192 
units. The maximum signal swing is therefore 
1.4 V p-p. These levels were chosen to meet the 
requirements of Communications Department. 



4.3. Comb filters 

Comb filters are used in the video coder and 
decoder as the pre- and post-filters respectively of 
the sub-Nyquist sampling process. The pre-filter is 
used in the derivation of 2/ sc samples from the 4/ se 
output of the a.d.c, while the post-filter is used to 
derive 4/* sc samples from the 2/ sc output of the 
d. p.c.m. decoder. Figs. 5 and 6 are functional block 
diagrams of the pre- and post-filter respectively. 
For clarity, they show the functions performed by 
the units rather than the fine details of how they are 
performed. In particular, some 4/ sc operations are 
in practice performed using interleaved 2/ sc clocks. 

The signal is comb-filtered by averaging two 
successive television lines. However, it is only 
necessary to subject the high-frequency part of the 
signal spectrum to this process in order to avoid 
aliasing. Averaging low frequencies would cause 
severe loss of detail on horizontal edges. A band- 
pass filter is therefore used to separate the spectrum 
into two bands, approximately to 3.37 MHz and 
3.37 to 5.5 MHz, with comb-filtering applied to the 
latter. 

The band-pass filter characteristic must be 
carefully designed taking into account the 
characteristics of the low-pass filter used before the 
a.d.c. and after the d.a.c. There are two 
considerations: 

(a) the shape of the band-pass filter characteristic 
will affect the intrinsic picture quality - i.e. 
how much picture detail is removed by the 

filter; 

(b) the characteristics of the band-pass and low- 
pass filters interact when the behaviour of 
cascaded systems is considered. Ref. 1 1 derives 
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Fig. 3 - Block diagram of video coder. 
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denotes physical division into two 
equipment racks 



Fig. 4 - Block diagram of video decoder. 
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the somewhat surprising result that the Joss of 
definition introduced by cascaded sub-Nyquist 
sampling systems is determined solely by the 
first system, provided certain conditions con- 
cerning these filters are met. 

In order to satisfy the conditions implied in (b) 
above a configuration of band-pass filter has been 
specified which is more complicated than used 
hitherto. It has the essential characteristics of a 
filter working at 4/ sc . However, since samples at the 
output of the pre-filter and at the input of the post- 
filter occur at only 2f sc it is possible to simplify the 
circuits. Figs 5 and 6 show that two filters, A and B, 
having 15 and 16 taps respectively and operating at 
2f iC , can perform the equivalent function in this 
application of a filter C of 31 taps operating at 4f sc . 



The internal accuracy of the band-pass filter 
arithmetic is 12 bits. 

The correct phase of sub-sampling in the pre- 
filter is ensured by reference to the 2/ sc identifier 
signal provided by the a.d.c. unit. 

The form of the post-filter requires that the 
(sinxjjx "box-car" equaliser which follows the 
d.a.c. should have the response appropriate for 
signals sampled at 2/ sc , even though the d.a.c. 
receives samples at a rate of 4/ sc . 

4.4. Differential pulse-code modulation 
(d.p.c.m.) 

The 2/ sc sample words generated by the comb 
pre-filter are coded into 6 bit/sample using d.p.c.m. 
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Fig. 7 is the block diagram of the d.p.c.m. 
coder and decoder. 

The predictor forms the prediction of the 
current sample as a weighted sum of a number of 
neighbouring sampJes in the present and previous 
fields. 

The output of the predictor is subjected to 
range limiting so that positive excursions are 
limited to 255 units and negative excursions to 0, 
i.e. no overflow or underflow is permitted. 

The quantiser operates on the bipoJar 
prediction-error signal which is generated by the 
subtractor. The quantiser is symmetrical so that the 
signal is quantised according to its magnitude 
irrespective of sign. 

The quantised difference values produced by 
the quantiser are recoded into 6-bit words for 



transmission. There is one reserved code-word 
which is used to signal the changeover to FIS 
coding mode (see 4.5 below); the 63 other code- 
words are assigned to the 63 different quantised 
values. 

The d.p.c.m. decoder is basically a subset of 
the coder. The predictor is the same. There is no 
quantiser but there is a transmission decoder which 
reproduces difference values from the received 
code-words. This process uses a look-up table 
which is the complement of that in the coder. 

4.5. Field-interval signal coding 

Special steps are taken to deal with the 
teletext and related signals (e.g. ICE*) which occur 

'"ICE" is an acronym for "Insertion Communication Equip- 
ment", used by the BBC. The waveform comprises a 126-bii binary 
pulse train inserted on lines 16 and 329. It is used for such purposes as 
identifying the signal and its source, and for transmitting monitoring 
data 
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during the field-blanking interval. They could not 
be conveyed with sufficient fidelity by the video- 
coding processes described above which are specifi- 
cally optimised for picture signals. 

During the appropriate parts of the field 
interval the coding mode is changed to "FIS 
mode". The signal is coded at the original sample 
rate of 4/ sc , but in p.c.m. with 3 bit/sample. Every 
two such samples are grouped together to make 6- 
bit codewords at 2/ ae . The bit rate is thus the same 
as used for picture information, namely \2f se . The 
mode is changed by sending the reserved code- 
word, mentioned in Section 4.4 above, for three 
successive code-words; the decoder will enter "FIS 
mode" on receipt of two of these. Various other 
artifices are used to ensure an orderly changeover 
of modes from d.p.c.m. to FIS and back. 



5. Monitoring facilities 

The system incorporates monitoring circuits 
whose functions may be split into three categories: 

(a) to check that suitable input signals are present; 

(b) to check the operation of the equipment; and 

(c) to check the performance of the transmission 
link. 

Some of the more important indications made 
at the sending terminal are also displayed at the 
receiving terminal using the low bit-rate signalling 
method described in Section 3.3. 

5.1 . Monitoring in the video coder 

The video coder comprises two equipment 
racks: one contains the a.d.c, clock generation and 
comb filter functions, the other contains the 
d.p.c.m. coder, with the FIS coding function split 
between the two. 

Monitoring in the a.d.c./comb filter rack is 
concerned with the input signal and the clock-pulse 
generator which is phase-locked to the colour 
burst. The following indications are given: 

INPUT FAIL - when syncs are not detected. 

BURST PRESENT indicating presence of 
the colour burst (to which the clock-pulse 
generator must lock). 

IN LOCK - indicating that the clock-pulse 
generator has locked to the colour burst. 



NORMAL - to indicate that the oscillator in 
the clock-pulse generator is within its nominal 
range. 

The "INPUT FAIL" and "NORMAL" indic- 
ations are sent to the receiving terminal. 

Monitoring in the d.p.c.m. coder is performed 
by a unit which contains a microprocessor pro- 
grammed to perform self-checking of the coder 
arithmetic. When a fault is detected an indication 
of its nature is given by a display at the coder. A 
signal is also sent to the receiver to indicate that a 
fault has occurred. 

In addition the d.p.c.m. coder has a built-in 
test-signal generator which can be used to assist 
fault-finding whether by the microprocessor or by 
applying a separate signature analyser to the 
monitor points provided. A signal is sent to the 
receiver to show that the test mode is in use. 

5.2. Monitoring in the multiplexer 

The three channels of the multiplexer which 
receive HDB3-coded inputs have similar monitor- 
ing arrangements. The following indications are 
given for each channel: 

INPUT FAIL no suitable input present. 

HDB3 ERROR - indicating violation of the 
HDB3 coding rules. 

BUFFER OVERFLOW indicating that the 
data buffer for this channel is over- or under- 
flowing (e.g. because the input rate is greatly 
out of tolerance or because of a fault in the 
circuitry). 

These indications are transmitted to the re- 
ceiving terminal. There is additional capacity for 3 
other signals per input channel, at present unused. 

The video input channel is only provided with 
"BUFFER OVERFLOW", the other functions 
being inappropriate. Note that "INPUT FAIL" 
and the other functions listed in 5.1 above are 
provided by the video coder. 

Further simple checking of certain housekeep- 
ing functions and power supplies is also performed. 
These indications are not transmitted to the 
receiver since the failures they detect would 
probably cause the signalling to fail also. 
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5.3. Transmission-link monitoring by the 
demultiplexer and error corrector 

Simple go/no-go indication about the link is in 
effect provided by whether the demultiplexer is able 
to lock to the received signal. An indication is also 
given whenever the frame-alignment word is cor- 
rupted. The rate at which this indication occurs 
gives a qualitative estimate of the link perfor- 
mance. A better estimate can be obtained by 
counting such frame-alignment word errors using a 
counter connected to the monitoring point 
provided. 

Monitoring of a much more comprehensive 
nature is possible if the error corrector and its 
monitor unit are used. Note that this cannot be 
done if the bit rate allocated for parity bits has 
been used for the two 2048 kbit/s Auxiliary chan- 
nels instead - see Section 2. 1 . 

The functioning of the error monitor unit 
assumes that transmission errors are occurring in a 
manner which is within the capacity of the error 
corrector to correct. If this is true then each bit 
which is corrected corresponds to a bit error in the 
received signal; any measurement of corrections 
made is a measure of received bit errors. If the bit 
rate is too high or error bursts are of excessive 
length the error corrector will make mistakes: it 
will fail to correct some errors while mistakenly 
"correcting" other bits which were already correct. 
In this case a measure of corrections made will not 
be an accurate description of bit errors received. 
However it may be noted that when this occurs the 
error corrector will still indicate a high rate of 
activity. Indications of low to medium rates may 
thus be taken as accurate with a high degree of 
confidence. 



the measurement period during which the 
mean bit-error ratio did not exceed 1 in 10 e ; 

(e) ERRORS/SEC - measured during the previ- 
ous second; 

(f) ERRORS/MIN - measured during the previ- 
ous minute. 

These measurements are displayed numeri- 
cally, supplemented by a graphical "light-bar" 
display of instantaneous and peak symbol-error 
rates. 

Other indications are also given for various 
fault conditions such as loss of signal or power 
during the measurement period. 

5.4. Other demultiplexer monitoring 
functions 

Various coder indications are also transmitted 
to the decoder, as listed in Sections 5.1 and 5.2. 
These indications appear on the demultiplexer 
front panel, as well as being available at a rear- 
panel connector. 

In addition the demultiplexer checks for 
certain faults in its operation, including failure of 
internal house-keeping waveforms or loss of lock in 
any of the phase-locked loops used to regenerate 
the output-channel clock waveforms. 

5.5. Monitoring in the video decoder 

The d.p.c.m. decoder contains a similar 
microprocessor- based monitoring system to that in 
the coder, again including a test-signal generator. 



The error monitor unit notes which bits are 
being corrected by the error corrector. This 
information is collated and presented in various 
formats as required. A microprocessor is used so 
that different presentations may be obtained in 
future by reprogramming. The indications given 
with the present software are as follows: 

(a) TIME ELAPSED since measurement 
commenced; 

(b) TOTAL ERROR COUNT during measure- 
ment period; 

(c) % EFS - the percentage of seconds which were 
error-free during the measurement period; 

(d) "%M < 6" - the percentage of minutes within 



6. System performance 

The performance of the system can be consi- 
dered under three categories: 

(a) the intrinsic sound and picture quality result- 
ing from the coding methods used; 

(b) the reliability of continued service in the 
presence of disturbance of the transmission 
link; and 

(c) the degradation of sound and picture quality 
caused by shortcomings of the link. 

These points are discussed further in the following 
sub-Sections. 
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6.1. Intrinsic coding quality 

(a) Video 

There are essentially three coding processes 
which may affect picture quality: 

(i) the basic analogue-digital-analogue convers- 
ion; 

(ii) sub-Nyquist sampling, including the use of 
comb filters; and 

(iii) d.p.c.m. 

Quantising noise is introduced by all three. The 
d.p.c.m. process introduces quantising noise which 
depends on the picture content, increasing in 
amplitude as the picture becomes more "unpre- 
dictable". In relatively plain areas it introduces no 
error at all. On the other hand, a small amount of 
noise is always added by processes (i) and (ii) as 
the result of uniform quantising with the word 
lengths chosen. In plain areas where there is no 
d.p.c.m. error the theoretical peak-signal-to- 
unweighted-noise ratio is 50.2 dB. 

The effects of comb-filtering and d.p.c.m. 
coding can only be assessed by subjective tests. The 
coding specified for the 68Mbit/s system was 
developed as part of a more general programme of 
research into bit-rate reduction for composite PAL 
signals, during which several subjective tests were 
performed. The relevant results are quoted below 
using the 5-point quality scale. 





Subjective grade 




Original 






analogue 


Coded* 




Pal signal 


Signal 


Average of critical, 






stationary slides 


3.9 


3.8 


Test Card F 


3.9 


3.8 


Average of critical 






moving-picture 






sequences 


3.6 


3.55 



These results clearly demonstrate that the 
video coding scheme used in the 68 Mbit/s system 
introduces no significant impairment of the picture 
quality of the composite PAL signal which it 
carries. 

As mentioned in Section 4.3, the impairment 

*It should be noted that these tests were performed using the 
then-standard coding range of 1 .28 volt, rather than the 1 .4 volt range 
now specified. This means that the basic p.c.m. resolution of the 
specified system is 0.78 dB coarser than that of the system tested. 



introduced by comb filtering in conjunction with 
sub-Nyquist sampling does not accumulate when 
systems are cascaded, provided that certain con- 
ditions" are met, as is the case with the system 
specified. The only effect when cascading systems 
of this design is a gradual accumulation of 
quantising noise. This includes that caused by 
uniform quantising - in the a.d.c. and by word- 
length limitations in the filters - and also the 
d.p.c.m. quantising error. If signal levels are 
maintained at similar levels throughout a cascaded 
chain then little extra d.p.c.m. quantising noise will 
be introduced after the first coding operation. (If 
the signal levels were identical throughout the 
chain then the d.p.c.m. coding operations after the 
first would have no effect at all.) 

(b) Sound 

High-quality sound signals are coded using the 
NICAM-3 system. 8 This system has already been 
adopted by the BBC for sound-signal contribution 

and distribution purposes. 



6.2. Multiplexer/demultiplexer behaviour 
in the presence of errors 

Various degrees of disturbance can be caused 
by transmission errors. The most severe is if the 
demultiplexer loses frame synchronisation: in this 
case every output channel is corrupted until frame 
lock is regained. A less severe situation arises if the 
justification control signalling information relating 
to an output channel is incorrectly decoded. In this 
case a word is lost or a spurious one added, causing 
a "slip" in the output data. If the output channel in 
question is itself a multiplex of others, e.g. the 
8448 kbit/s channel, then the slip will probably 
cause temporary loss of synchronisation of this 
subsidiary multiplex, resulting in the corruption of 
all the data it conveys. 

We can estimate the rate of loss of frame lock 
as follows: 

Let the bit-error probability be p. Since the 
Frame-Alignment Word (FAW) contains 12 bits, 
the probability that any given FAW is in error is 
approximately \2p. 

The framing strategy used loses lock if the 
FAW is incorrect in 15 successive frames. The 
probability that lock is lost in a particular frame is 
therefore approximately (12/?) ] 5 . 

Since the frame rate is 68.736 x 10 6 /(6 x 378) 
per second, the frequency of losing frame lock is 
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thus approximately 

(12/>) 15 x 68.736 x 10* 
6 x 378 



times per sec, 



i.e. 4.67 x 10 20 x p li times per sec. 

The power of 15 causes a very sharp knee in 
the curve representing this relationship such that 
the rate of framing loss is very small below p 
= 1/100 and rises very rapidly above this figure. 
This analysis has assumed that errors occur 
randomly; as long as the length of error bursts does 
not exceed the frame length (2268 bits) then the 
rate of framing loss will not exceed that given by 
the above equation. 

Although the analysis shown has for simplicity 
included several approximations it is sufficient to 
show that the strategy used is very rugged, as has 
been confirmed in practice. The likelihood of 
framing loss occurring as a result of transmission 
errors is thus very small for any useful link. A 
greater danger is the occurrence of slip - the 
insertion or removal of a bit or bits - whether 
caused by the link or the 68/140/68 Mbit/s multi- 
plex equipment. The strategy used will temporarily 
lose framing whenever a slip occurs. 

As already mentioned the 68 Mbit/s demulti- 
plexer can introduce slip in its output channels. We 
shall now estimate the severity of this problem. Let 
the bit-error probability be p, as before. The 
justification control for each frame is decoded by 
taking a majority vote of 5 identically-transmitted 
bits. The incorrect answer will be decoded if 3 or 
more of these bits are in error. This is described 
approximately, for small p, by: 

p (incorrect decoding) = 10p 3 

The slip rate for each channel is then this 
figure multiplied by the frame rate, i.e. 

68.736 x 10 6 x I0p 3 
Slip rate = — r== — per sec 



i.e. 



6 x 378 
303 x lOV 3 persec. 



If p = 1/1000 this gives a slip rate of about 1 
per hour, while for p = 1/10000 it is 1 per 1000 
hours. 

This analysis has assumed that error correc- 
tion is not used. Since the JCS bits are corrected by 
the error corrector the above results would be 
improved if it is in use. The introduction of slip by 
the 68 Mbit/s system is not likely to be of any 



significance in practice - when the error rate is high 
enough to cause a noticeable slip rate the picture 
and sound quality will already be very impaired. 

6.3. Sound and picture quality ' n trtB 
presence of transmission errors 

(a) Video 

The d.p.c.m. predictor algorithm has been 
chosen having regard to both the intrinsic quality of 
picture coding and the susceptibility to transmission 
errors. The visible effect of an error is a small light or 
dark spot (corresponding to the sample in error) of 
somewhat defocused appearance and decaying away 
over a period of a few frames. In contrast, a p. cm. 
encoded signal would give sharply-defined spots of 
slightly higher contrast but only lasting for the field 
in which they occur. 

When assessed subjectively without error cor- 
rection the effect of errors on picture quality 
becomes "Perceptible, but not annoying" (grade 4 
on the CCIR impairment scale) at a bit-error ratio of 
about 1 in 10 6 . When the Reed-Solomon error 
corrector is used the effects of errors should remain 
imperceptible for a b.e.r. up to 1 in 10 4 . 

(b) Sound 

The NICAM-3 8 system used to code high- 
quality sound channels incorporates error protec- 
tion. A parity check is made of certain groups of 
sample bits. When errors are detected they are 
concealed by replacing the affected samples by 
values interpolated from neighbouring correctly- 
received samples. 

The concealment process is very effective. 
Subjective tests 12 have shown that there is sub- 
stantially no impairment for bit-error ratios up to 1 
in 10 s , and for a b.e.r. of 1 in 10 4 the impairment is 
"Perceptible, but not annoying". 

Note that these results apply for the NICAM- 
3 system alone. When the error corrector of the 
68 Mbit/s system is used the performance will be 
enhanced further, giving negligible impairment for a 
b.e.r. below 1 in 10 4 . 



7. System applications 

7.1. The field trial 

The first application of the system will be the 
extended field trial mentioned in the Introduction. 
The system will be used to connect Broadcasting 
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House in London to the Pebble Mill studio centre 
in Birmingham. British Telecom are providing the 
140Mbit/s digital link, which includes sections 
using cable, optical fibre and microwave radio. 

7.2. BBC applications after the field trial 

If the experience during the field trial proves 
satisfactory the 68Mbit/s system may be used 
extensively for signal distribution, by both Televi- 
sion and Radio Broadcasting, and also to carry 
telephony and data traffic for internal communic- 
ations. One interesting question which it is hoped 
that the field trial will have answered is whether 
error correction is worthwhile, since, as already 
noted, considerable extra sound/telephony capacity 
is made available by omitting it. 

7.3. Possible future modifications 

The 68 Mbit/s system has been designed in 
such a way as to permit reconfiguration for other 
applications. This applies particularly to the multi- 
plexing sub-system. The frame format described in 
Section 3.3 is determined by programmable devices 
and can therefore be changed very simply. Possible 
uses are suggested below: 

(a) Digital links provided via communications 
satellites. There does not appear to be a 
standard bit rate at present, but we may note 
previous experiments which used 60 Mbit/s. 4 
This bit rate can be obtained from the system 
here described by omitting the 8448kbit/s 
signal and modifying the frame format accord- 
ingly. The 60 Mbit/s signal would then carry 
one video signal plus two high-quality sound 
signals with error correction. 

(b) As all-digital studios come into service a need 
will arise to interconnect them using a signal 
format based on that used within them. The 
latter employs separate component coding 
using a sampling frequency of 13.5 MHz for 
the Y luminance signal and 6.75 MHz for the 
U and V chrominance components, as recently 
agreed internationally. 13 This standard offers 
higher quality than composite signals and will 
be suitable for contribution purposes, allowing 
high-quality downstream processing e.g. 
colour-separation overlay. It is hoped that a 
bit-rate reduction method for this type of 
signal can be devised which retains adequate 
quality and downstream processing capability. 
If this can be done within a similar bit rate 
(53.2 Mbit/s) to that used for PAL signals in 
the 68 Mbit/s system then little change to the 
multiplexer would be necessary to realise a 



68 Mbit/s YUV system. If significantly more 
than 53.2 Mbit/s proves to be necessary for the 
YUV signal then a 68 Mbit/s system may still 
be possible if the 8448 kbit/s signal is omitted. 
Another possibility would be to omit error 
correction. 

The multiplexer and demultiplexer have been 
designed on a "building block" basis so that other 
configurations may easily be assembled. Suppose 
that the situation arises where a signal carried in 
one channel of the 68 Mbit/s system must be 
replaced by another signal of the same capacity, 
without affecting the other channels. For example, 
the video signal might be replaced by another (a 
regional variation, say) without altering the 
8448 kbit/s signal (which might be carrying sound 
signals for a national Radio network). To do this, it 
is not necessary to go through the full process of 
demultiplexing and multiplexing again using a 
complete set of demultiplexer and multiplexer 
equipment. Instead, certain circuit cards from 
both equipments can be combined to form what we 
may call a "remultiplexer" which needs less 
hardware. 



8. Conclusions 

Digital techniques make it possible to dis- 
tribute signals of consistently high quality regard- 
less of distance travelled. 

British Telecom has started to install a net- 
work of high-capacity digital links, offering the 
possibility to use digital transmission for all BBC 
services, but for this to be economically worthwhile 
the needs of the BBC must be carefully matched to 
the available capacity. 

A coding and multiplexing system has been 
devised which is believed to make cost-effective use 
of high-capacity digital transmission links to pro- 
vide video and sound channels for Television, 
sound channels for Radio Broadcasting, and 
telephony and other data services for communic- 
ations internal to the BBC. 

The design allows for the cascading of several 
systems, as may occur during the early stages of 
changing from analogue to digital transmission, 
and also includes a degree of flexibility to allow for 
future developments. 

The system is being assessed in an extended 
BBC/BT field trial during 1984, after which it is 
hoped similar systems will see operational service. 
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